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FIG. 7
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FIG. 8
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FIG. 9
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1
MICROPHONE ARRAY AND METHOD OF
USE

CROSS-REFERENCE TO RELATED
APPLICATION

This application claims priority under 35 U.S.C. §119(e) to
U.S. Provisional Patent Application No. 61/315,734, entitled
“Microphone Array and Method of Use”, and filed on Mar.
19, 2010, which application is hereby incorporated by refer-
ence.

BACKGROUND

The present disclosure relates generally to a system and
method for determining the impact sound generated by the
impact of a striking object and an athletic projectile. More
specifically, the present disclosure relates generally to a sys-
tem and method for determining the sound of a golf club
striking a golf ball.

The sound generated when a golf club impacts a golf ball
may be unique to the particular club-ball combination. For
example, the material of the club face, whether the club is a
driver, an iron, or a putter, and the construction of the golf ball
and its component materials may all influence the particular
sound generated by the impact of the club and ball. The sound
generated may also depend on other factors, such as the
temperature of the equipment, the ambient temperature, the
location of impact on the club face, the club head speed, and
the angle of attack, in addition to other factors.

Many golfers consider the sound of a correctly hit ball as a
factor in ball purchase, as this sound may be aesthetically
pleasing or convey information as to the accuracy of the ball
hit. Therefore, one tool that may be useful in designing a ball
may be atool that allows a designer to know with accuracy the
sound profile generated by an impact with the ball.

SUMMARY

In one aspect, a first embodiment provides a sound captur-
ing system comprising a microphone stand for supporting a
plurality of microphones. The microphone stand has a base
having a first curvature and an arm associated with the base.
The arm having a second curvature. The arm is positioned
substantially perpendicular to the base. The first curvature
and the second curvature are selected so that any microphone
positioned on the microphone stand is focused on a single
point a known distance from the microphone stand.

In another embodiment, a microphone stand comprises a
base and an arm associated with the base. The base occupies
a first plane and the arm occupies a second, different plane.
The base, which has a first curvature, is configured to support
a first microphone, the first microphone directed to a first
focal point. The arm, which has a second curvature, is con-
figured to support a second microphone, the second micro-
phone directed to a second focal point. The first curvature and
the second curvature are selected so that first focal point and
the second focal point are substantially the same point.

In another embodiment, a method for detecting a high
quality impact sound generated by a striking object impacting
a projectile at an impact location comprises deploying a plu-
rality of microphones, wherein each microphone in the plu-
rality of microphones is positioned a known distance from
any other microphone in the plurality of microphones, and
wherein each microphone in the plurality of microphones is
focused on the impact location. In another step, the impact
sound is received at one or more of the microphones in the
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microphone array so that one or more of the microphones
generates an impact signal. The impact signal may be com-
municated to an analysis module. The impact signal can be
analyzed to determine the high quality impact sound.

Other systems, methods, features and advantages of the
invention will be, or will become, apparent to one of ordinary
skill in the art upon examination of the following figures and
detailed description. It is intended that all such additional
systems, methods, features and advantages be included
within this description and this summary, be within the scope
of the invention, and be protected by the following claims.

BRIEF DESCRIPTION OF THE DRAWINGS

The invention can be better understood with reference to
the following drawings and description. The components in
the figures are not necessarily to scale, emphasis instead
being placed upon illustrating the principles of the invention.
Moreover, in the figures, like reference numerals designate
corresponding parts throughout the different views.

FIG. 1 is a schematic front view of an embodiment of a
microphone array stand with a plurality of microphones asso-
ciated therewith;

FIG. 2 is a schematic side view of an embodiment of a
microphone array stand with a plurality of microphones asso-
ciated therewith;

FIG. 3 is a rear view of an embodiment of a microphone
stand configured to position a plurality of microphones so that
each microphone is directed to a focal point;

FIG. 4 is a top view of an embodiment of a microphone
stand configured to position a plurality of microphones so that
each microphone is directed to a focal point;

FIG. 5 is a side view of an embodiment of a microphone
stand configured to position a plurality of microphones so that
each microphone is directed to a focal point;

FIG. 6 is a side view of an embodiment of a microphone
stand configured to position a plurality of microphones so that
each microphone is directed to a focal point;

FIG. 7 is a top view of an embodiment of a microphone
array stand configured to focus each microphone associated
therewith to a focal point;

FIG. 8 is a top view of an embodiment of a microphone
array stand configured to focus each microphone associated
therewith to a focal point;

FIG. 9 is a schematic diagram showing how a spherical
wave reaches each microphone in a spaced-apart microphone
array at a different time due to the different travel distance;

FIG. 10 is a flow chart showing an embodiment of a method
of obtaining a high quality impact sound;

FIG. 11 is a flow chart showing various possibilities for
analyzing a received acoustic signal;

FIG. 12 shows two possible equations for use in determin-
ing time delay in a microphone array;

FIG. 13 shows a schematic diagram of an embodiment of a
recording environment;

FIG. 14 shows various examples of an acoustic pressure
distribution of a recording sound;

FIG. 15 shows various examples of the wave pattern of a
recorded impact sound; and

FIG. 16 shows various examples of simulation results of
the directivity pattern of an embodiment of a microphone
array.

DETAILED DESCRIPTION

The present embodiments relate to a system and method
for discerning a high quality sound profile for a particular
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combination of a striking object and a projectile. The striking
object may be any type of striking object. For example, in
athletics, the striking object may be a diamond sports bat, any
other type of bat, a paddle, a racket, and a club. Similarly, the
projectile may be any projectile. For example, in athletics, the
projectile may be any type ot ball, including but not limited to
a baseball, a softball, a tennis ball, a ping pong/table tennis
ball, a cricket ball, a squash ball, a racket ball, and a golf ball.
The discussion herein is generally limited to a discussionofa
system focused on determining a sound profile for a golf club
and a golf ball, but the striking object and projectile should
not considered to be so limited.

High quality extraction of impact sounds at the time of
impact may be desired for various reasons. For example, in
some cases, the design of the striking object and/or the pro-
jectile may be influenced by the sound profile generated at
impact. For example, in athletics, such as baseball, tennis,
golf, or table tennis, rapid improvements of the equipment
may be assisted if the impact sound with a ball can be
extracted and/or analyzed with high quality.

In general, the impact of a striking object with a projectile
may be considered to occur at a point sound source. In order
to extract the impact sound with high quality, a microphone is
generally set up proximate the impact point. However, as is
known in the art, ambient noise greatly influences the detec-
tion of sounds at the impact point with a ball in the field, so
extraction of high quality impact sound is difficult, even if a
microphone is closely apposed. The ambient noise may be
wind, spectators, or even the noise made by the striking object
as the striking object moves rapidly through the air. The
system and methods described herein are designed in part to
permit extraction of high quality impact point sound source
regardless of ambient noise pollution of the signal.

In some embodiments, instead of using a single micro-
phone to capture the impact noise, a microphone array is
provided to capture the impact sound. FIGS. 1-8 show various
schematics and embodiments of a microphone array suited to
capturing an impact sound while generally disregarding
ambient noise. The microphone array is able to disregard
ambient noise, in part, by providing a plurality of micro-
phones 106 situated on a microphone stand 100 that includes
abase 102 associated with an arm 104. In some embodiments,
microphone stand 100 positions microphones 106 thereupon
to focus each microphone on a single target point P, as is
shown schematically in FIGS. 1 and 2.

Microphone stand 100 may be made of any material known
in the art, such as metals, plastics, ceramics, natural and
synthetic composite materials, and the like. In some embodi-
ments, the material of microphone stand 100 may be selected
to be relatively inert to the frequencies and/or frequency
spectrum of the anticipated impact sound so that microphone
stand 100 may not vibrate in response to the sound waves
generated by the impact and contaminate the data received at
or by microphones 106. For example, microphone stand 100
may be made from a relatively rigid plastic or metal.

Microphone stand 100 may have any shape or configura-
tion desired by a user. Though specific measurements are
shown in FIGS. 3-8, it should be understood that these mea-
surements reflect only one embodiment of microphone stand
100. In other embodiments, the dimensions of microphone
stand 100 may be different, such as with longer or shorter
lengths, distances, and heights, more acute or more obtuse
angles, and greater or smaller radii of curvatures.

For example, microphone stand 100 may extend in sub-
stantially one direction or plane, or microphone stand 100
may extend in multiple directions or planes. As is shown in
FIGS. 1-8, in some embodiments, base 102 extends substan-
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tially in a first plane while arm 104 extends substantially in an
orthogonal or perpendicular plane. In some embodiments,
base 102 and/or arm 104 may be straight, but in other embodi-
ments at least one of base 102 and arm 104 are curved, i.e.,
have a radius of curvature. The radius of curvature of either or
both of base 102 and arm 104 may be selected to assist
microphones 106 in focusing on target point P, though any
radius of curvature may be employed by either or both of base
102 and arm 104. Generally, less curvature to base 102 and/or
arm 104 pushes the focal point or target point P further away
from microphone stand 100.

Similarly, the length of base 102 and/or arm 104 may be
any length desired by a user. In some embodiments, however,
the length of base 102 and/or arm 104 may be selected to
assist in the positioning of microphone stand 100 at an opti-
mal distance from target point P. For example, as shown in
FIGS. 7 and 8, two different embodiments of microphone
stands 100 are shown. Both embodiments of microphone
stand 100 are intended to be positioned at the same focal
length r from target point P, which in the embodiment shown
in the FIGS. is about 40 cm. However, in the embodiment
shown in FIG. 7, base 102 and arm 104 are longer than in the
embodiment shown in FIG. 8. As shown in FIG. 7, the lengths
of'base 102 and arm 104 require that a center point of micro-
phone stand 100 is positioned a vertical distance V of about 20
cm from target point P and a horizontal distance H of about
34.6 cm from target point P. As shown in FIG. 8, the length of
base 102 and arm 104 are generally shorter than the length of
base 102 and arm 104 of the embodiment of microphone
stand shown in FIG. 7. The embodiment of microphone stand
100 shown in FIG. 8 allows the center point of microphone
stand 100 to be positioned a vertical distance V ofabout 13 cm
from target point P and a horizontal distance H of about 37.8
cm from target point P. Therefore, the lengths of base 102 and
arm 104 in the embodiment shown in FIG. 8 allow micro-
phone stand 100 to be positioned further away on a horizontal
axis from target point P than the embodiment of microphone
stand 100 shown in FIG. 7. Such a configuration as shown in
FIG. 8 may be advantageous in some circumstances over the
configuration shown in FIG. 7, as the larger, horizontally
closer microphone stand 100 as shown in FIG. 7 may affect or
interfere with a golfer’s swing, for example.

Base 102 and arm 104 may be configured to associate
microphones 106 using any method known in the art. For
example, holes, divots, indentations, recesses, or the like may
be provided to receive microphones 106. Mechanical connec-
tors such as clips, rivets, brackets, or the like may be provided
to secure microphones 106 in position.

Additionally, base 102 and/or arm 104 may be configured
to be secured to a surface, such as a floor, table, or work
surface during use. As shown in FIGS. 3-8, base 102 includes
provisions for bolting or screwing base 102 to a surface. In
other embodiments, microphone stand 100 may be incorpo-
rated into a single box that includes various tools for analysis,
such as a sound board, computer, and display.

Microphones 106 may be any type of microphone known
in the art, such as omnidirectional or directional micro-
phones. In the embodiments where microphone stand 100 is
configured to focus microphones 106 on target point P, direc-
tional microphones may prove beneficial. Microphones 106
may be selected because microphones 106 may perform well
under certain desirable situations. For example, a typical
midrange value of the frequency range of the impact sound
generated by the impact of a golf club with a golf ball is
around 3000 Hz or from around 4000 Hz to around 5000 Hz.
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Therefore, microphones 106 that perform well in these fre-
quency ranges may be selected for a golf sound capturing
system.

Microphones 106 may be positioned on microphone stand
100 in any desired configuration. However, the relative posi-
tions of microphones 106 on microphone stand 100 may be
selected for optimal sound gathering for various types of
sounds. For example, the positioning of microphones 106
may be different for golf than for baseball, even if the same
size microphone stand 100 is used for both sports. In order to
take advantage of time shift delay determination, described
further below, the actual positioning of microphones 106 on
microphone stand 100 is less important that knowing the
position and/or relative position of microphones 106 with
precision.

Any number of microphones 106 may be provided on
microphone 100. In some embodiments particularly suited to
golf, eight (8) microphones are provided, with four (4) micro-
phones evenly spaced apart on base 102 and four (4) micro-
phones evenly spaced apart on arm 104.

A sound capturing system may be used in an embodiment
of' a method as shown in FIG. 10, though in other embodi-
ments, the sound capturing systems described herein may be
used in other ways. Though presented in a specific order, one
or more steps of the method shown in FIG. 10 may be per-
formed out of this sequence.

In a first step 310, the projectile, such as a golf ball, is
positioned a desired distance from the microphone array. For
example, as shown in FIGS. 7 and 8, a golf ball may be
positioned approximately 40 cm from a center point of the
microphone array. The selection 040 cm as the focal or target
point P is discussed further below. In a second step 320, an
impact sound is generated, such as by striking the projectile
with a striking object. For example, a golfer may hit a golfball
with a golf club. In a third step 330, the impact sound is
captured, such as with a microphone array as described and
shown above with respect to FIGS. 1-8. In a fourth step 340,
the high quality impact sound is analyzed.

FIG. 11 shows various ways in which the high quality
impact sound may be analyzed. As is known in the art, micro-
phones translate sound waves into electrical signals. These
electrical signals may be transmitted via any method known
in the art such as via a wireless transmission or a wireline
transmission, to an analysis module. The analysis module
may be any type of machine or tool capable of receiving
microphone signals. For example, the analysis module may
be an oscilloscope or a computer, which may be a processor
that may be associated with one or more input/output devices,
such as a keyboard, voice input, display, touch screen, or the
like. The analysis module may be programmed to perform
any number of analyses on the received microphone signal. In
a simplistic form, the analysis may entail only the display of
the raw signal data.

One type of analysis that may be performed is a fast Fourier
transform (FFT) on the signal, as shown in step 344. This type
of analysis will allow a user to generate a spectrograph. In the
spectrograph, the user may see the frequency distribution,
chart the power in decibels versus time (in step 346), the Hz,
determine the frequency peaks of the signal (in step 348), or
the like.

Another type of analysis that may be performed is shown
generally in step 342, where the time shift delay is calculated.
Microphone arrays are used in a type of signal-processing
technology which can record a target sound, also known as a
request signal or impact sound, in a high signal to noise (SN)
ratio using multiple microphones. The method for analyzing
the signals generated by the multiple microphones is gener-
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6

ally a delay sum array. As is known in the art, the delay sum
array is amethod of forming sharp directivity in the system by
summing the microphone signals from each microphone,
after adding the time delay to the sound reception signal from
each microphone. The time delay is generated due to the
geometry of the microphone array. As shown in FIG. 9, a
spherical wave 200 is spread from a point sound source P is
indicated by the dotted lines. Mn indicates a microphone, r,,
indicates the distance from point sound source P to each
microphone, and n indicates the microphone number. When
the position of point sound source P is known, the arrival of
spherical wave 200 at each microphone Mn can be deter-
mined according to the point sound source and the micro-
phone distance r,.. Moreover, it is possible to keep the distor-
tion to the target sound to a minimum in comparison with
other array signal-processing methods.

When calculating a time delay for the arrival of the wave-
front at various microphones, the wavefront arrival at each
microphone becomes the spherical wave in the case of the
request signal is a point sound source. Therefore, the temporal
delay of each microphone can be expressed with EQ. 1 shown
in FIG. 12. In EQ. 1, 7, indicates the temporal delay, r,,
indicates the distance from the point sound source P to each
microphone, n indicates the microphone number, and ¢ indi-
cates the speed of sound. Furthermore, the array output as a
grand total of the delay addition signal, can be expressed as
shown in EQ. 2 shown in FIG. 12, where y(t) inidcates the
array output signal, %,(t-T, ) indicates the input delay addition
signal, and N indicates the number of microphones.

Testing Scenario 1

In the sports field, when recording the impact point with a
ball, extraction of a robust or high quality impact sound is
attained in the dark noise by installing microphones near the
colliding point. However, in the case of the impact sound
generated on swinging the equipment such as the case of
baseball, tennis, golf, or table tennis, there is a problem wind
noise being recorded simultaneously with the impact sound
generated by the swinging and striking motions. To reduce
this effect, the microphone is adjoined to the impact point
close to the impact point to minimize the significant influence
of the wind noise, but this makes recording in high quality
very difficult. Various experiments were conducted to deter-
mine how the high quality extraction of the impact sound is
influenced by the wind noise using a microphone array.

Experiment Outline

First, in order to examine a location less influenced by wind
noise, recording of the impact sound near the sound source
was performed. The recording setup is shown schematically
in FIG. 13, and the recording conditions are shown in Table 1.

TABLE 1

Recording Conditions

48 KHz

Sony, ECM66B

HEG, MICA-800A

Inrevium, TD-BD-16A DUSB

Sampling Frequency
Microphone Type
Microphone Amp.
A/D, D/A

A total of 36 microphones were set up at intervals of 2 cm
in the horizontal direction and 5 cm in the vertical direction in
the coordinates space of 6 cmx40 cm, and the impact sound
was recorded when a golf ball was hit from the direction A
toward the direction B (as indicated in FIG. 13.) The distance
of sound source P and coordinates (0,0) is assumed to be 30
cm.
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Experimental Results

The acoustic pressure distribution is shown in FIG. 14. The
distribution that averaged low level power (0 kHz, 8 kHz) is
shown in (a), the distribution that averaged mid-level power
(8 kHz, 16 kHz) is shown in (b), and the distribution that 5
averaged high level power (16 kHz, 24 kHz) is shown in (c).
The energy distribution of the impact sound in each frequency
can be confirmed from FIG. 14.

One example of the wave patterns of the recorded impact
sound that had remarkable change can be confirmed as is 10
shown in FIG. 15. First waveform A is a waveform that suffers
a relatively small influence by wind noise, while second
waveform B, third waveform C, and fourth waveform D show
waveforms that are greatly influenced by wind noise. Com-
pared with first waveform A, second waveform B, third wave- 15
form C, and fourth waveform D clearly show a large fluctua-
tion near the main peak. It is believed that the presence of the
influence of the wind noise is indicated by this fluctuation
near the main peak, and this fluctuation could be used as a
standard for determining wind noise influence on micro- 20
phones and microphone arrays.

In locations in horizontal direction A as shown in FIG. 13,
the influence of wind noise was great, and the experimental
result shows that the influence of wind noise was small in
locations in vertical direction D. In particular, it was under- 25
stood that the influence of the wind noise in locations in
horizontal direction A and vertical direction C is great, and
the influence of the wind noise in locations in horizontal
direction B and vertical direction D is small. In addition, the
distance from sound source P to the locations in horizontal 30
direction B and vertical direction D is about 40 cm. It is
thought that the microphone array was able to control the
influence of the wind noise by maintaining a 40 cm focal
distance in the area in horizontal direction B and vertical
direction D from the sound sources to the microphone. There- 35
fore, for many golf purposes, target point P as shown in FIGS.
1-8 may advantageously be selected to be about 40 cm.

Testing Scenario 2

As a result of the determinations of the wind noise testing,
it is understood that the influence of the wind noise can be 40
controlled in some circumstances by keeping the distance of
40 cm from an impact sound source to a microphone. Aiming
at a robust extraction of an impact sound profile of high
quality against wind noise, the microphones were arranged
with a radius of 40 cm in the horizontal direction and the 45
vertical direction. The arrangement of the proposed micro-
phone array is shown in FIGS. 1-2. Target point P is the
location of the anticipated impact location. The microphone
array includes eight (8) microphones. The purpose of Testing
Scenario 2 is to verify that the directivity pattern of the micro- 50
phone array is changed by changing the proposed micro-
phone arrangement and the microphone interval d (the dis-
tance between neighboring microphones.)

Experiment Outline

The testing conditions are set forth generally in Table 2. 55

TABLE 2
Conditions for Testing Scenario 2
Microphone Interval 6cmorl2cm 60
Sampling Frequency 48 kHz
Number of Microphones 8
Sound Source Gaussian white noise

Based on the experiment conditions shown in Table 2, 65
directional characteristics were computed by arranging a
sound source about 40 cm in front of the microphone array.

8

The microphone is assumed to have equal intervals, and the
directional characteristics are calculated by computer simu-
lation when d is at 6 cm and at 12 cm.

Experimental Results

The simulated directivity patterns are shown in FIG. 16. If
the averaged power from 0 kHz to 8 kHz is assumed to be low
level, the averaged power from 8 kHz to 16 kHz is assumed to
be mid-level, and the averaged power from 16 kHz to 24 kHz
is assumed to be high level, the frequency band shows low
level of directivity pattern in (a), mid-level in (b), and high
level in (¢) at amicrophone distance d of 6 cm. The frequency
band shows low level of directivity pattern in (d), mid-level in
(e), and high level in (f) at a microphone distance d of 12 cm.
As shown in FIG. 16, the directivity response pattern when
the microphone interval is 12 cm generally sharpens com-
pared with the case of 6 cm. As such, it is believed that
widening microphone intervals sharpens a point characteris-
tic. Moreover, the signal to noise ratio (SNR) near a sound
source is so high that frequency will become high in compari-
son for every frequency. In particular, SNR at the high level
improves by about 8 dB when the microphone interval is 6
cm, and improves by about 10 dB when the microphone
interval is 12 cm.

Moreover, aliasing in the signal is shown in all graphs
displayed in FIG. 16. However, it is thought that the influence
of aliasing can be disregarded because the noise origin does
not exist and the sound source position is known. This alias-
ing showed that the proposed microphone arrangement could
form sharp directivity by the high SNR in all frequency bands.

An equipment designer may use the information gathered
by the sound capturing system described herein for multiple
purposes. For example, a designer may be able to determine
the most aesthetic impact sound of a particular design based
on the number, type, and materials selected for the layers of a
golf ball. Also, a golfer’s swing may be determined, as oft-
center hits will sound different from correctly hit balls. The
unique sound made by a golf club, a golf ball, and a golfer’s
swing may provide sufficient swing data to use in a club fitting
and/or ball fitting system as an objective component of a
swing analysis, such as the ball fitting system disclosed in
U.S. Patent Publication 2011/0009215, which is incorporated
herein in its entirety by reference.

While various embodiments of the invention have been
described, the description is intended to be exemplary, rather
than limiting and it will be apparent to those of ordinary skill
in the art that many more embodiments and implementations
are possible that are within the scope of the invention.
Accordingly, the invention is not to be restricted except in
light of the attached claims and their equivalents. Also, vari-
ous modifications and changes may be made within the scope
of the attached claims.

What is claimed is:

1. A method for detecting a high quality impact sound
generated by a striking object impacting a projectile at a target
point, the method comprising:

deploying a plurality of microphones, wherein each micro-

phone in the plurality of microphones is positioned a
known distance from any other microphone in the plu-
rality of microphones, and wherein each microphone in
the plurality of microphones is focused on the target
point;

receiving the impact sound at one or more of the micro-

phones in the microphone array so that one or more of
the microphones generates an impact signal;
communicating the impact signal to an analysis module;
analyzing the impact signal to determine the quality of the
impact sound; and
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providing recommendations based upon the quality of the

impact sound.

2. The method of claim 1, wherein analyzing the impact
signal comprises performing a fast Fourier transform (FFT)
of the impact signal.

3. The method of claim 1, wherein analyzing the impact
signal comprises determining a peak frequency of the impact
signal.

4. The method of claim 1, wherein analyzing the impact
signal comprises determining a time shift delay between a
first microphone and a second microphone.

5. The method of claim 1, wherein analyzing the impact
signal comprises generating a spectrograph using a fast Fou-
rier transform (FFT) of the impact signal to obtain a fre-
quency distribution of the impact signal.

6. The method of claim 1, wherein each of the microphones
is deployed on one of a base and an arm of a microphone
stand, the base having a first curvature and the arm having a
second curvature.

7. The method of claim 1, wherein each microphone is a
directional microphone.

8. The method of claim 1, wherein the striking object is a
golf club and the projectile is a golf ball.

9. The method of claim 1, wherein the analysis module
comprises a delay sum array algorithm that sums signals
received from the plurality of microphones after accounting
for any time delay in impact signal reception.

10. The method of claim 8, wherein the quality of the
impact sound provides swing data that is used in at least one
of a club fitting and ball fitting system.
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11. The method of claim 8, wherein the recommendations
comprise at least one of club fitting and ball fitting recom-
mendations.

12. A method for fitting a golf club or a golf ball based on
an impact sound generated by the golf club impacting the golf
ball at a target point, the method comprising:

deploying a plurality of microphones, wherein each micro-

phone in the plurality of microphones is positioned a
known distance from any other microphone in the plu-
rality of microphones, and wherein each microphone in
the plurality of microphones is focused on the target
point;

receiving the impact sound at one or more of the micro-

phones in the microphone array so that one or more of
the microphones generates an impact signal;
communicating the impact signal to an analysis module;
analyzing the impact signal to determine the quality of the
impact sound; and

fitting at least one of the golf club and the golf ball based

upon the analysis of the impact signal.

13. The method of claim 12, wherein the analysis of the
impact signal provides swing data for use in fitting the at least
one golf club and golf ball.

14. The method of claim 12, wherein the impact sound is an
objective component of a swing analysis.

15. The method of claim 12, wherein the analysis of the
impact signal is used to identify off-center hits.

16. The method of claim 12, wherein the analysis of the
impact signal comprises a fast Fourier transform.
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